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論 文 内 容 要 旨          
There are millions of foreign residents living in Japan nowadays, and the number of learners of the 
Japanese language outside of Japan is increasing as well. This means that the demand for Japanese 
language learning is very high. Recently, some systems of computer-assisted language learning (CALL) are 
being developed to meet this demand. 
CALL systems offer various technologies to help learning languages at a lower cost than going to the 
language schools. For the Japanese language, CALL systems may offer kanji learning practice, vocabulary 
practice, and other functions related with reading and writing skills. The advances in speech technology has 
also made training for skills related with oral communication, namely listening and speaking, possible. 
Because Japan uses a writing system that is uncommon in other parts of the world, oral communication 
may be particularly important for the learners. 
In this dissertation, I focused on two problems related with the CALL systems for Japanese oral 
communication skills, particularly the listening skill and the pronunciation skill. Both of them will be 
described below. 
To improve the listening skill, a language learner must listen to a large amount of native utterance for 
various words and sentences. A CALL system can provide many utterances by using speech synthesis to 
generate sound simply from text, thus eliminating the need to record a large amount of native speech. Some 
systems generate the sounds with the speaking rate as fast as how a native speaker usually speak. However, 
for a beginner in learning, presenting a slower speaking rate might also be helpful. It is possible to control 
the rate of speaking in speech synthesis, and the function to play the sound at slower speeds is offered in a 
few CALL systems. However, there has only been very few studies on the best slow speed for non-native 
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language schools. For the Japanese language, CALL systems may offer kanji learning practice, vocabulary 
practice, and other functions related with reading and writing skills. The advances in speech technology has 
also made training for skills related with oral communication, namely listening and speaking, possible. 
Because Japan uses a writing system that is uncommon in other parts of the world, oral communication 
may be particularly important for the learners. 
In this dissertation, I focused on two problems related with the CALL systems for Japanese oral 
communication skills, particularly the listening skill and the pronunciation skill. Both of them will be 
described below. 
To improve the listening skill, a language learner must listen to a large amount of native utterance for 
various words and sentences. A CALL system can provide many utterances by using speech synthesis to 
generate sound simply from text, thus eliminating the need to record a large amount of native speech. Some 
systems generate the sounds with the speaking rate as fast as how a native speaker usually speak. However, 
for a beginner in learning, presenting a slower speaking rate might also be helpful. It is possible to control 
the rate of speaking in speech synthesis, and the function to play the sound at slower speeds is offered in a 
few CALL systems. However, there has only been very few studies on the best slow speed for non-native 
listeners.  In this study, the most adequate speed based on listeners' preference is investigated. 
In this dissertation, I first investigated the speaking rate and pause properties that are preferred by 
Japanese language learners. A total of 67 subjects participated in the experiment. I found that the speaking 
rate of 360 mora per minute (slower than the average native speaking rate at more than 470 morae per 
minute), with the pause inserted according to the rule based on dependency relation (same rule as native 
speakers), and pause length of 200 ms (similar as native speakers) were preferred. Utterances tuned to have 
these parameters are then compared with utterances synthesized with standard parameters of the speech 
synthesizer. Figure 1 shows the comparison between the standard speech and the tuned speech. The tuned 




Figure 1: Comparison of listenability, intelligibility and naturalness between standard and tuned speech. 
 
To improve the pronunciation skill, a learner must practice pronouncing a large amount of utterances 
and get a feedback on how good their pronunciation is. For pronunciation training, some CALL systems 
provide automatic pronunciation evaluations for the learners' utterances. Various methods have been 
proposed for this technology. Recently, machine-learning-based methods that relies on score given by native 
speakers has also been introduced. This technology uses a model trained using the acoustical features of 
non-native speakers' utterance as the input and the pronunciation scores of those utterances given by 
human native speakers as the output. The reliability of this method depends on the reliability of the scores 
given by human. For scores of specific prosodic properties such as accent and rhythm, the reliability is not 
very high. In this study, a novel method that utilizes parametric speech synthesis to improve the human 
scoring of accent and rhythm was proposed, and the effectiveness was investigated.  
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Here is the summary of the proposed method of scoring for accent. First, the scoring target, a non-native 
utterance, is recorded. Next, the parameter of the accent, the fundamental frequency (F0), is extracted. Then, 
speech synthesis based on the average voice model of native speakers is used to generate the parameters of 
the same utterance. Included in the generated parameters are the parameter of the accent, the parameter of 
the rhythm, and the parameter of the phoneme pronunciation. Next, the generated native accent parameter 
is substituted for the extracted non-native accent parameter. From those parameters, a speech sample 
whose accent is non-native but whose other features (phoneme pronunciation and rhythm) are native is 
generated. This new speech sample is then used in the scoring of accent. More reliable scoring can be 
expected for this speech sample because unlike the original non-native utterance, the features not being 
scored are native, and there will be less interference from those features to the scoring of accent. The score 
the rhythm, a similar procedure is done, but the non-native parameter of rhythm is substituted for the 
generated native rhythm. 
In this dissertation, the effectiveness of the proposed scoring method was investigated. The experimental 
result shows that the proposed method can improve scoring reliability, which is confirmed by an increase in 
the inter-rater correlation. Finally, an automatic pronunciation evaluation system for accent was built with 
the utterance of ten non-native speakers speaking twelve Japanese words, with accent scores given by ten 
native Japanese raters using either the conventional scoring method and the proposed method. The result 
showed that the automatic evaluation model trained with the scores given by the proposed method could 
give scores closer to human scores than those of the conventional method. Table 1 shows this result. The 
correlation between the human and the predicted scores was increased to 0.865 when using the proposed 
method, with an improvement of 0.128. In addition, the prediction error was reduced by 0.172 points. The 
result showed that the automatic evaluation model with the proposed method could give scores closer to 
human scores than those of the conventional method. 
 
Table 1. Correlations and prediction errors between accent scores given by human rater and automatic 
evaluation. 
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Method Correlation Prediction error 
Conventional 
Proposed 
0.737 
0.865 
0.905 
0.733 
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